
Nonlinear waveform steepening in time reversal focusing
of airborne, one-dimensional sound waves

Michael M. Hogg,1 Brian D. Patchett,1,2 and Brian E. Anderson1,a)
1Acoustics Research Group, Department of Physics and Astronomy, Brigham Young University, Provo, Utah 84602, USA
2Department of Physics, Utah Valley University, Orem, Utah 84058, USA

ABSTRACT:
Time reversal (TR) is a process that can be used to generate high amplitude focusing of sound. It has been previously

shown that high amplitude focused sound using TR in reverberant environments exhibits multiple nonlinear features

including waveform steepening and a nonlinear increase in peak compression pressures [Patchett and Anderson, J.

Acoust. Soc. Am. 151(6), 3603–3614 (2022)]. The present study investigates the removal of one possible cause for

these phenomena: free-space Mach stems. By constraining the focusing in the system to one-dimensional (1-D)

waves, the potential formation of Mach stems is eliminated so that remaining nonlinear effects can be observed. A

system of pipes is used to restrict the focused waves to be planar in a 1-D reverberant environment. Results show that

waveform steepening effects remain, as expected, but that the nonlinear increase in compression amplitudes that

appears in TR focusing of three-dimensional (3-D), finite-amplitude sound in rooms disappears here because Mach

stems cannot form in a 1-D system. These experiments do not prove that Mach stems cause the nonlinear increase

observed for focusing in a 3-D environment, but they do support the Mach stem explanation.
VC 2025 Acoustical Society of America. https://doi.org/10.1121/10.0039638
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I. INTRODUCTION

Time reversal (TR) is a signal processing technique that

can be used to focus physical waves, acoustic or otherwise,

to a selected spatial location in a system and provide tempo-

ral reconstruction.1–4 Historically, acoustic TR was first

used as a method to create localized and reproduceable

underwater communications5,6 that were difficult to inter-

cept. More recent studies in communications have shown

that TR allows for long distance communication in an ocean

environment7,8 and communication in among a network of

pipes.9 Other uses for TR involve source localization in

which waves propagate back through the environment to

their original emission location.10–12 There is also high

amplitude focusing of sound and vibration, which is the

main use of TR that the present study is concerned with.4

Studies of high amplitude focusing have investigated local-

ized delivery of energy for many purposes, including non-

destructive evaluation to find cracks3,13,14 or to evaluate a

structure’s response to sound,15–17 nonsurgical biomedical

treatment,18–20 and focusing sound loud enough to study

nonlinear features in that focused sound.21–23

TR focusing relies on obtaining the impulse response

(IR) from a source to a receiver. In a reverberant environ-

ment, the energy emitted from an impulsive emission takes

many paths to the receiver. The arrival times of the reflec-

tions about the room are thus encoded in the IR. If this IR is

time reversed and broadcast from the source, the paths that

were initially traversed, when the IR was obtained, are

retraced such that energy simultaneously arrives at the

receiver location from all of these paths. These simultaneous

arrivals constructively interfere, resulting in high amplitude

focusing of sound at the receiver location. In a reverberant

environment, arrivals can come from all directions, resulting

in an approximately converging spherical wave24 made up

of many diverging spherical waves (an expression of

Huygen’s principle). Multiple sources may be used in TR,

and when their reversed IRs are synchronously timed, the

amplitude of the focus is further increased.

As waves are being focused using TR, they are rela-

tively low in amplitude before they converge at the focal

location. However, at the focal location, whose spatial

extent is roughly one wavelength in diameter, the peak

amplitude can be three times higher on average than the

amplitude of the converging waves. Thus, nonlinear features

are more likely to be observed at the focal location than in

the converging waves prior to focusing. This phenomenon is

exploited when TR is used for nondestructive evaluation

applications since the focusing is localized, and when the

focusing occurs at a location on a sample that vibrates nonli-

nearly (i.e., a crack or delamination), then more nonlinearity

may be observed in focusing at that location than when

focusing at other intact locations on a sample.14,25–27

Wallace and Anderson28 showed that localized high ampli-

tude focusing of two ultrasound frequencies in air could cre-

ate an audible difference frequency. In biomedical

ultrasound applications, waves focused with TR can gener-

ate localized heating at the focal location and be used toa)Email: bea@byu.edu
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destroy kidney stones and brain tumors.18–20 There are other

ways to create high intensity focused ultrasound (HIFU) for

biomedical applications besides using TR. In HIFU experi-

ments and modeling, an increase in compression amplitudes

and a decrease in rarefaction amplitudes has been

observed,29 but the physical mechanism was not explained.

Two nonlinear features have been asserted to happen

during high amplitude TR focusing, waveform steepening

and Mach stem formation.22,23 In nonlinear acoustics, wave-

form steepening is due to an increase in wave speed in the

compressions of the wave and a decrease in speed in the rar-

efactions of the wave as it propagates; both of which are

breakdowns of the linear acoustics assumptions.30 Thus,

sine waves evolve toward sawtooth waveforms with shocks

present where the slope of the waveform is nearly infinite.31

When wave steepening occurs, the peak compression ampli-

tudes are reduced relative to linear scaling as the wave con-

tinues to propagate. This feature causes a shifting of energy

from the fundamental frequency to higher harmonics as the

waveform steepens. Several authors32–38 have provided

experimental measurements that have been done in plane

wave tubes to show wave steepening of sine waves and

shock wave coalescence with noise waveforms; good agree-

ment with weak shock theory (with the inclusion of tube

wall losses) has been demonstrated. Mach stems form when

high pressure wave fronts interfere and interact with one

another.23,39–42 One finite amplitude wave leaves behind

excess heat in the medium (a breakdown of the adiabatic

assumption), thereby increasing the sound speed in the

medium behind it, and this increase in speed allows a trail-

ing wave to catch up to the leading wave. This means Mach

stems are typically observed in two-dimensional and three-

dimensional (3-D) environments where these types of inter-

actions can occur. Unlike wave steepening, the compression

amplitude in a Mach stem nonlinearly increases, producing

pressures that are larger than the linear sum of the two con-

stituent waves.

Montaldo et al.43 reported data that exhibited nonlinear

behavior in high amplitude TR focusing of ultrasound in a

lithotripsy application. In their setup, as pulse excitation

voltage was increased, the resulting focal signal exhibited

increasing levels of nonlinearity, particularly waveform

steepening, but not nonlinear amplification. Willardson

et al.21 reported nonlinearities in high amplitude TR focus-

ing of audible frequency sound in a reverberation chamber,

with a nonlinear increase in peak pressure in higher input

amplitudes. They contrasted their results with those of

Montaldo et al. and pointed out that the results reported by

Montaldo et al. show a nonlinear decrease in compressions;

nonlinearity was not discussed by Montaldo et al. Patchett
and Anderson22 furthered the work of Willardson et al. and
created a peak focal pressure in air of 214.8 kPa or 200.6

dBpeak. This amplitude was approximately two times higher

than linear scaling would have predicted.22 They also com-

pared using eight individual loudspeakers to create eight

focal signals and summing those in post processing to the

case where all eight loudspeakers are used simultaneously,

and it was clear that the nonlinear features were much more

dramatic when all eight were used simultaneously.22

Willardson et al.21 and Patchett and Anderson22 cite wave

steepening as a possible contributing factor in their results.

Patchett and Anderson further claim that free-space Mach

stem formation is the mechanism of the nonlinear increase

shown in the high amplitude compressions. This later claim

was more fully studied by Patchett et al.,23 where they used

numerical modeling to show that free-space Mach stem for-

mation occurs in high amplitude TR when the high-pressure

waves are allowed to interact. More information about

Patchett’s work can be found in Ref. 44. They also showed

that when the TR focusing comes from a limited aperture

(i.e., from a limited range of angles of incidence) that the

nonlinear increase from Mach stems does not happen. This

explains why it did not happen in the results reported by

Montaldo et al. where waves in their setup converged from

a limited aperture, but they were not constrained to propa-

gate as plane waves in a waveguide. What is currently

unknown is if a nonlinear increase would be observed in a

system where wavefronts cannot overlap, meaning a case

where Mach stems cannot form.

The purpose of this paper is to experimentally show

that in a system in which waves are constrained to travel in

one dimension, where Mach stems cannot form, that nonlin-

ear amplification of peak compressions no longer happens.

Thus, the observed nonlinearity that remains appears to be

limited solely to waveform steepening. TR focusing experi-

ments conducted in a room with waves converging in three

dimensions are compared to TR focusing experiments con-

ducted in a network of pipes with sound waves restricted to

converge in one dimension. The bandwidth used for both

sets of experiments, of 500–3500Hz, restricts wave propa-

gation to plane waves within the pipes. Experiments in both

acoustic systems are conducted at sound levels where finite-

amplitude, nonlinear effects are observed.

II. EXPERIMENTAL SETUP

The measurements for this study took place within a sys-

tem of pipes. The pipes are made of cast iron, which should

ensure very little excitation of pipe wall vibration due to the

acoustic pressure waves. Waves inside the pipes reflect off of

hard wall boundaries, and the only losses come from propaga-

tion (e.g., molecular relaxation) and thermoviscous boundary

losses. Thus, the internal environment is considered reverber-

ant albeit with a reverberation time of 756 4.5ms. The pipes

have a 5.08 cm (2 in.) inner diameter and were connected by

various pieces that accommodate junctions of two, three, or

four pipes in total. These junction pieces are referred to as

couplers, T-pieces, and cross-pieces. In conjunction with vari-

ous lengths of pipe, right BMS (Hannover, Germany) 4590

dual-diaphragm, high-output loudspeakers are fitted with

appropriate crossover circuits and bolted to the ends of the

pipes with flanges. Figure 1 shows a photograph of the actual

system of pipes and loudspeakers used for the experiment. At

the ends of each of the branches are the loudspeakers

3098 J. Acoust. Soc. Am. 158 (4), October 2025 Hogg et al.

https://doi.org/10.1121/10.0039638

https://doi.org/10.1121/10.0039638


previously mentioned. Notice that the lengths of the branches

of the system are varied to prevent the formation of degener-

ate modes and to spread out the timing of reflections arriving

at the microphone. Cross-modes and resonances may be gen-

erated in the junctions and bends in the pipes, but these waves

evanesce as they travel away from the junction/bend and only

plane waves emerge.45,46 Plane waves may be reflected by

junctions and bends and the transmitted plane wave may be

attenuated by traveling through the junction/bend, but only

plane waves should exist when the sound field is measured a

few duct diameters away from a junction or bend.47,48

An important feature of the pipe system is the straight

section in the middle which is meant to let the plane waves

propagate a distance in only a single duct before arriving at

the microphone, a GRAS (Holte, Denmark) 46BG. This

microphone was placed fully inside the pipe with its dia-

phragm located at the center of the pipe’s cross section and

also midway along the length of this linear section. The

authors wanted to avoid having a flush mounted microphone

that may rattle against the pipe walls. The microphone was

kept in the center of the pipe via some foam and supporting

structures. The wire connected to the microphone exited the

pipe through a hole in the pipe wall, which was sealed with

putty.

The TR process was carried out via a custom

LABVIEW (National InstrumentsTM, Austin, TX) execut-

able program developed in-house,49 coupled with two

Spectrum Instrumentation (Großhansdorf, Germany)

M2i.6022 signal generation cards and an M2i.4931 digitizer

card. The signals from the cards are output to two Crown

(Elkhart, IN) CT4150 amplifiers, which send the signal to

the loudspeakers. Classical TR processing (simply broad-

casting a band limited, time reversed impulse response

(TRIR) with no coda compensation; more details in the fol-

lowing) is used in this study since we can see the nonlinear-

ities without using the clipping TR method used by Patchett

and Anderson.22 We briefly explored focusing at even

higher amplitude levels than those reported here (clipping

TR was used as well) and found some strange amplitude

dependent effects that were hard to explain, and we decided

that these strange observations were setup specific (e.g., pos-

sibly caused by the microphone rattling against its supports

and/or placing the microphone too close to a pipe end) and,

thus, were not further explored.

To guarantee one-dimensional (1-D) propagation of

waves in the system, the bandwidth of frequencies used in

these experiments was limited to those below the plane

wave tube cutoff frequency. The plane wave cutoff fre-

quency for a circular duct is given by50

fc ¼ 1:841c

2pa
; (1)

where c is the speed of sound, and a is the radius of the

duct. For our system, we decided to limit our bandwidth to

below 3500Hz, which is well below fc (approximately

3950Hz) and used that as our maximum input frequency. A

swept sine wave signal, or chirp signal, was created as the

input signal to the system. A bandwidth of 500–3500Hz

was used to generate the chirp signal, with the lower fre-

quency being determined by the limitation of the drivers

themselves. Note that Golightly et al.51 also conducted TR

FIG. 1. Photograph of the system of pipes used to create the 1-D environment. Main lengths (measured from outer flange end to outer flange end) and loca-

tions are labeled.
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experiments with plane waves in pipes but restricted their

study to much lower sound levels for the purpose of explor-

ing a super resolution concept.

The specific TR process that we use for these measure-

ments is reciprocal TR,2 which consists of a forward step

and a backward step. During the forward step, a chirp signal

[shown in Fig. 2(a)] is broadcast into the system from each

driver, individually in turn. The microphone records the

response of the system from each of the sources; these data

are known as the chirp response (CR) [example also shown

in Fig. 2(a)]. A cross correlation is performed between the

chirp signal and the CR, resulting in an IR of the sys-

tem.52,53 This IR is then reversed in time to produce the

TRIR [example shown in Fig. 2(b)]. During the backward

step, the TRIR signals are simultaneously broadcast from all

sources into the system. The direct propagation delay from

the source and timing of reflections that arrive at the micro-

phone are encoded into the TRIR and upon broadcast of the

TRIR, energy will partially retrace these paths and, thus, a

convergence of waves will constructively interfere at the

location of the microphone. The resulting superposition of

the focusing produced by each of the eight sources broad-

casting their TRIR signals is recorded at the focal position

by the microphone. This focusing of sound is repeated with

different levels of amplification, and these focal signals are

linearly scaled and compared to look for differences as the

input amplitudes are increased [examples shown in Figs.

2(c) and 2(d) with different zoom levels]. Note that it is hard

to compare what amplitude features are changing in these

focal signals, as the input voltage amplitude is increased. In

Sec. III, we will linearly scale these signals.

With that process in mind, the following settings were

used. The chirp signal had a length of 4.16 s with 0.34 s of

trailing zeroes to allow ample time for the reverberation to

dampen in preparation for the broadcast of the chirp signal

from the next driver. The frequency progression in the chirp

was logarithmic to match that of Patchett and Anderson22

and had a bandwidth of 500–3500Hz due to the limitations

mentioned previously. A sampling frequency of 250 kHz is

used both for the generation of the signals and their record-

ing. The chirp signals are output from the sound card with a

peak amplitude of 100mV into the amplifier. The amplitude

of signals output from the sound cards and input to the

amplifier will thus be called an input amplitude. After the

CRs are recorded and processed into the eight individual

TRIRs, we are ready to take the measurements needed. Note

that we ensured that the CRs were recorded at sound levels

that were amplitude-independent, meaning they were

recorded at linear sound levels, and thus, nonlinear content

should not be present in these recordings. The sound cards

FIG. 2. Example signals used in the TR process for the experiments in the pipes. (a) The chirp source signal (black colored signal) and an example response

(red colored signal) to that chirp recording during the forward step. (b) An example TRIR. (c) Focal signals recorded during the backward step due to three

different input voltage amplitudes. (d) Zoomed in version of (c).
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can generate output amplitudes of 100–1800mV, and it was

determined to use 3 dB increases for the input amplitude lev-

els (multiplying the previous input level by
ffiffiffi

2
p

) beginning

at 100mV and stopping at 1600mV. This produces nine

increasing levels of output from the audio cards (100mV,

141mV, 200mV, 282mV, 400mV, 565mV, 800mV,

1131mV, and 1600mV).

It should be noted that there were a lot of preliminary

experiments that were conducted prior to settling on the set-

tings mentioned. The amplifier settings and input voltage

range were optimized to create the TR foci in such a way to

make sure that our range of experiments transitioned from

the limits of the linear range to when the focusing was loud

enough to visibly observe nonlinear features. The chirp sig-

nal was broadcast at several output amplitudes to verify that

the CR signals we were recording were still within the linear

regime (there was no apparent distortion of the signals as a

function of amplitude). It was desired to broadcast the chirp

signals at a high enough amplitude to attain a good signal to

noise ratio but low enough to avoid nonlinear wave propaga-

tion during the forward step. Two different kinds of micro-

phones [different makes and models and different

transduction mechanisms (condenser versus piezoelectric)]

were placed end to end, including the one used in the pre-

sented experiments, to confirm that both microphones were

recording the same waveforms and that there was no visible

distortion caused by the microphone itself. A lot of addi-

tional experiments were done to find out how best to hold

the microphone inside the pipe before settling on the

description we previously described.

It is worth noting that a few different pipe configura-

tions were also tested to ensure that our specific setup used

is not affecting our conclusions. Some experiments were

conducted in a 1.60m long straight pipe with a driver on

each end. A microphone was again placed inside the pipe.

The same types of nonlinear features were present in these

focal signals, though to a lesser extent because we were

only utilizing two drivers. It was decided that eight drivers

be used to generate larger amplitudes, and in order to allow

eight drivers to all broadcast sound into a 1-D pipe system,

we had to introduce three- and four-way pipe branches.

For comparison to the pipe system, a classical TR

experiment was done inside the small reverberation chamber

at Brigham Young University. This reverberation chamber

has dimensions 5.7m� 4.3 m� 2.5 m. The overall reverber-

ation time in the room is approximately 3.166 0.08 s across

the chirp bandwidth used, and the room has a Schroeder fre-

quency of 522Hz. The physical setup matches the setup of

Patchett and Anderson.22 This includes the drivers being

mounted to horns and facing them away from the micro-

phone,53 which was placed in a corner of the room.54 The

same bandwidth of 500–3500Hz and input amplitudes are

used in the room experiments as in the pipe experiments

except for the trailing zeroes length being longer at 3.84 s to

account for the longer reverberation time in the room. The

reverberation times in the two systems are thus very differ-

ent. However, the authors are unaware of any amplitude

dependent effects that would be impacted by differing rever-

beration times (certainly not any that would cause a nonlin-

ear increase in compression amplitudes due to inclusion of

longer reverberation times in the room). Waves in the pipe

system do not travel as far as they do in the room, and there

is clearly more attenuation of waves traveling in the pipe

system. Thus, while there are differences in the two systems,

the authors assert that the most important consideration is

that the amplitudes at the time of focusing are similar in the

two systems.

Note that for both sets of experiments, the recordings of

the TR focusing by the microphone were low-pass filtered

with a cutoff frequency of 3500Hz, during post processing,

in order to ensure that only plane waves were used in the

analysis. This eliminates waves that may travel as cross-

modes in the pipe system that may have been generated by

amplifier distortion. Since the bandwidth used spans from

500 to 3500Hz, integer multiple harmonics of frequencies

between 500 and 1750Hz could remain in the measured sig-

nals even after the low-pass filter is applied. Thus, some

nonlinear wave steepening, which causes harmonic genera-

tion in the propagation of finite amplitude waves, will still

be observable.

The TR focusing at 100mV was repeated ten times in

order to estimate the uncertainty of our measurements. The

average peak pressure amplitude of TR focusing in the pipe

system was 760.04 Pa (corresponding to a peak sound pres-

sure level of 151.6 dB re 20 lPa). The standard deviation

among these peak pressures over the ten repetitions of the

experiment was 0.12 Pa. Then, with the horns receiving no

input voltage, the background root mean square (RMS) pres-

sure amplitude averaged 1.98 Pa over the signal length, and

thus the signal to noise ratio (comparing the peak amplitude

of the focusing with 100mV input voltage to the back-

ground RMS pressure amplitude) was approximately 52 dB.

The peak amplitude of the TR focusing with 1600mV input

voltage was 10 748 Pa (corresponding to a peak sound pres-

sure level of 174.6 dB re 20 lPa), yielding a maximum sig-

nal to noise ratio of about 75 dB.

III. RESULTS

To allow a linear scaling analysis,55 each TR focal sig-

nal was multiplied by a scaling factor, S,

S ¼ 1600

I
; (2)

where I is the input amplitude in mV generated from the

sound cards. For linear cases, this would generate copies of

the highest amplitude signal. If nonlinearities are present,

the scaling factor allows identification of differences

between the results of using lower amplitude inputs and

higher amplitude inputs to the system. Figure 3(b) shows

example results from three superimposed TR focal signals

recorded when performing TR in the 1-D pipe system, with

each input amplitude spaced by 12 dB. We observe that as

the input amplitude increases, the scaled peak compression
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amplitude decreases. This indicates a nonlinear suppression

of compressions as the amplitude from the drivers increases.

Notably, this finding is contrary to the findings of

Willardson et al.21 and Patchett and Anderson,22 whose

experiments were done with 3-D wave focusing in a room,

but was expected here since this experiment is done solely

with 1-D waves, where Mach stems are not expected to

form. Additionally, the higher amplitude focus peak arrives

earlier in time with a steepening of the leading edge of the

wave, indicating waveform steepening. This coincides with

the claims of Willardson et al.,21 Patchett and Anderson,22

and Patchett et al.,23 who all asserted that waveform steep-

ening is present in higher amplitude focal signals. The

results shown in Fig. 3(b) are exemplary of many experi-

ments done at various amplitudes within the pipes under

various conditions.

With these linearly scaled plots in Figs. 3(a) and 3(b),

one can easily see how the progressively higher amplitude

results deviate from the lowest amplitude result (which

would have the least amount of nonlinearity impacting this

result). Note that the first large rarefaction shown in Fig.

3(b) arrives noticeably later in time for the 1600mV result

than it does for the 100mV result (it arrives slightly later for

the 400mV result). The largest compression peak arrives

noticeably earlier for the 1600mV result than for the

100mV result (and slightly earlier for the 400mV result).

This compression peak is also lower in amplitude for the

1600mV and 400mV results than for the 100mV result.

The leading edge of the main compression peak is also

steeper for the 1600mV result than for the 100mV result.

When finite amplitude waves propagate, it is well known

that rarefactions travel slower than the linear speed of sound

and that compressions travel faster, leading to waveform

steepening. It is also well known that the peaks and troughs

of a finite amplitude wave can decrease in magnitude as

they travel. Note that the compression at 48.5ms arrives at

the same time, irrespective of amplitude and that the ampli-

tude of this peak linearly scales, and thus, we can assert that

there are no noticeable nonlinear wave propagation effects

for that peak due to its lower amplitude.

These TR focusing results in the pipes are now con-

trasted with TR focusing results obtained in a room using

similar settings (the microphone was placed in a corner of the

room as was done by Patchett and Anderson22). Figure 3(a)

shows TR focal signals when using the same input amplitudes

in a room as used in the pipes. Similar features as those

FIG. 3. (a) Scaled TR focal signals when focusing 3-D sound within a room. Note the increase in scaled peak compression amplitude and earlier arrivals of

the peak compression. (b) Scaled TR focal signals when focusing 1-D sound within pipes. Note the decrease in scaled peak compression amplitudes and ear-

lier arrivals of the peak compression. The pressure values in kPa are accurate for the 1600mV plots, and the values for the 100mV plots can be found by

dividing the numbers shown in kPa by 16 and the values for the 400mV plots can be found by dividing by 4. The plots in (c) and (d) show the same data as

in (a) and (b), respectively, but they have been normalized with respect to the peak amplitudes of the respective 100mV signals.
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reported by Patchett and Anderson22 are observed; namely, as

the amplitude from the drivers increases, a nonlinear increase

in the peak compression amplitude is observed (nonlinear

amplification) along with a nonlinear suppression of the rare-

factions on either side of that main focal peak. Steepening of

the waveform is also observed, though it is harder to observe

here. The key difference between these two sets of results is

the 1-D environment for the pipes and the 3-D environment

for the room. The nonlinear amplification of peak compres-

sion and nonlinear suppression of the adjacent rarefactions

was also reported by Willardson et al.21 and by Patchett and

Anderson22 though here a narrower bandwidth of frequencies

was used. Willardson et al.21 and Patchett and Anderson22

claimed these features were the result of Mach stem forma-

tion with the overlapping of high-pressure waves. Patchett

et al.23 showed through numerical modeling that indeed

Mach stem formation in collapsing waves allows additional

energy to arrive at the time of maximal focusing causing the

nonlinear amplification of compressions.

Figures 3(c) and 3(d) display the same data as found in

Figs. 3(a) and 3(b), but the data has been normalized with

respect to the peaks of the respective 100mV signals. This

allows visual identification of the fractional increases in ampli-

tude of the compression peaks as the input voltage amplitude

is increased for the room foci [Fig. 3(c)] and the fractional

decreases in amplitude of the compression peaks as the input

voltage amplitude is increased for the pipe foci [Fig. 3(d)].

We show further that as the input amplitude increases,

we depart further from linearity. Figure 3 shows the peak

amplitudes of the main focal compressions and the peak

amplitudes of the largest rarefactions for various input

amplitudes (the solid lines with the markers) as compared to

linear scaling (the dotted lines) of the peak compression and

rarefaction pressures that the 100mV input creates. It is

clear that there is a nonlinear suppression of the higher

amplitudes for both the compressions and rarefactions. The

nonlinear suppression of the rarefaction amplitude is consis-

tent with what is found by Patchett and Anderson,22 but the

compression amplitude progression shows the opposite

here; a decrease relative to linear scaling is observed in

pipes rather than a nonlinear increase in peak compression

pressures in rooms as input amplitude increases. Compare

Fig. 4 here to Fig. 9 in Patchett and Anderson.22 The peak

pressure level of the maximum of the TR focusing within

the room system for the 100mV input was 855.82 Pa (corre-

sponding to a peak sound pressure level of 152.6 dB re

20 lPa) and the peak pressure for the 1600mV input was

16 551 Pa (corresponding to a peak sound pressure level of

178.4 dB re 20 lPa). Thus, the peak levels for the pipe sys-

tem span from 151.6 dB to 174.6 dB, whereas the peak lev-

els in the room span from 152.6 dB to 178.4 dB.

Figure 5(a) shows example focal signals for the mini-

mum and maximum input voltages. Additional lines have

been drawn on this figure to aid in quantifying metrics

related to nonlinearity exhibited in the focal signals as a

function of input voltage. The difference in the scaled, peak

compression amplitudes is apparent in this figure. The varia-

tion of these peak amplitudes is shown as a function of input

voltage in Fig. 5(b). As noted previously, the peak ampli-

tudes nonlinearly increase in the room and nonlinearly sup-

press in the pipes with increasing input voltage. Along with

the nonlinear suppression, we observe an increase in the

wave steepening of the leading edge of the main compres-

sion peak as quantified by the maximum slope/derivative,

which is to say that steepening increases with increasing

input amplitude. Consistent with wave steepening effects,

the peak compressions arrive progressively earlier with

increasing input amplitude. In Fig. 5(a), the arrival times are

denoted by vertical lines, and the variation as a function of

input amplitude is shown in Fig. 5(c). Note that the variation

in the arrival times is more dramatic in the pipes than in the

room. The earlier arrival of the peaks in the room results is

consistent with Patchett and Anderson’s findings.22 This

effect is more pronounced in the pipes, as nonlinearities are

more easily generated (the shock formation distance is

shorter) in 1-D propagation (focusing of waves in a pipe)

than in 3-D propagation (focusing of waves in a room).31 In

Fig. 5(a), the maximum derivative of each signal is denoted

FIG. 4. Peak amplitudes of the primary compression of the TR focus and the peak amplitudes of the largest rarefaction shown at each of nine input ampli-

tudes as compared with the linear case (extrapolating linearly from the lowest amplitude). (a) 3-D focusing of sound in a room. (b) 1-D focusing of sound in

pipes.
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by a circle with a tangent line drawn. In Fig. 5(d), the varia-

tion of maximum derivative is shown as a function of input

amplitude, with a minor difference between the data in the

pipes and in the room at the highest amplitudes. If every-

thing scaled linearly in these two experiments, then no non-

linear amplification or suppression of the main compression

peaks would be observed. The arrival times of the peak

compressions would not change, and the derivatives of the

leading edge of the compression would not change either.

IV. CONCLUSION

In this environment where only 1-D plane waves may

propagate, high amplitude TR focusing yields a nonlinear

suppression or decrease in the peak compression amplitude

as the input amplitude is increased. In addition, it was found

that the peak compression of the focusing arrives earlier in

time and has a higher valued slope/derivative of the leading

edge of the main focal compression. These effects are con-

sistent with the ideas of waveform steepening leading to

shock wave formation. By restricting the wave propagation

to 1-D plane waves in the pipe system, the potential for

Mach stem formations is eliminated and no nonlinear ampli-

fication of the compression amplitude is observed. The

amplitude of the TR focusing in the pipes here is within the

amplitude range explored for TR focusing in rooms, but a

major difference between the two experiments is the 1-D

propagation of plane waves in the pipes and the 3-D propa-

gation of spherical waves in the room (the formation of

Mach stems, with one wave catching up to another, requires

curvature of nearly overlapping wavefronts). This experi-

mental finding is consistent with the Mach stem explanation

for the nonlinear amplification reported by Willardson

et al.21 and Patchett and Anderson22 and explored through

numerical simulations by Patchett et al.23
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FIG. 5. (a) Low and high amplitude focal signals are compared. The maximum derivative of the leading edge of the main compression peak in each focal

signal is denoted by circles with tangent lines that possess the respective maximum slopes. The vertical, dashed-dotted lines denote the time of maximum

compression amplitude for each focal signal. (b) Peak compression amplitudes of TR focusing in pipes and in the room, which data is shown in Fig. 4.

(c) Arrival times for the peak compression amplitudes in pipes and in the room. (d) Maximum derivative values from the data in pipes and in the room.
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